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AMENDMENTS TO THE CLAIMS 



2. 



3. 



i tlnd below a listing of claims that will replace all prior versions, and listings, of claims 
present patent application: 

(currently amended) A method suitable for use in reducing echo in a communication 
system, said method comprising: 

a) receiving a first signal including a voice component, the voice component 
being associated to a speaker; 

b) receiving a second signal including an echo component, the echo component 
being correlated to tlie first signal; 

c) processing said first signal to derive an estimate of a harmonic feature of the 
voice component; 

d) deriving an echo reduced si^nial bv processing said second signal to at least 
partlv remove therefrom at least one frequency component relatedJQ at least in 
part on th e basi s of the harmonic compon g nl feature of the voice component te 
r e mov e at least in part th e echo component auoh aa to dorivo ai^ echo r e duc e d 
signal ; and 

e) releasing the echo reduced signal. 

(original) A method as defined in claim 1, wherein the harmonic feature of the voice 
component is an estimate of the pitch associated lo the voice component. 

(original) A method as defined in claim 2, said method comprising applying a filtering 
operation to the second signal at least in part on tlic basis of the estimate of the pitch 
associated to the voice component to derive the echo reduced signal. 

(original) A method as defined in claim 2, wherein the voice component is a first voice 
component, said second signal including a second voice component, the second voice 
component being associated to a second speaker. 
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5. (origina]) A method as defined in claim 4, said method comprising: 

i. generating a set of filter coefficients at least in part on the basis of the estimate 
of the pitch associated lo Ihe first voice component; 

ii. applying a filtering operation to the second signal on the basis of the set of 
filter coefficients generated in i. to derive the echo reduced signal. 

6. (original) A method as defined in claim 5, said method comprising: 

a) processing the first signal and the second signal to detect an occiuxence of 
double talk; 

b) in response to detection of an occurrence of double talk, processing the 
estimate of the pitch associated to the first voice component to derive a number 
of filter coefficients in said set of filter coefficients. 

7. (original) A meihod as deilned in claim 5, wherein said filtering operation is a finite- 
impulse response (FIR) filtering operation. 

8. (original) A method as defined in claim 7, wherein said filtermg operation is an 
asymmetric filtering operation. 

9. (original) A method as defined in claim 5, wherein said filtering operation is adapted 
to filter a set of frequencies from said second signal to derive the echo reduced signal, 
the set of frequencies including frequencies which are integer multiples of the estimate 
of the pitch associated to the first voice component. 



10. (cunrently amended) An apparatus suitable for use in reducing echo in a 
communication system, said apparatus comprising: 

a) a first input for receiving a first signal including a voice component, the voice 
component being associated to a speaker; 



PA(£7126'RCVDATimO( 3:25:21PM [Eastern Sta^^^ 



11/0^/2006 16:22'TLC ^149541396 



SMART dt BIG3AR 



QI008/026 



AppLNo. 10-719,377 Patem 
Response \o Office Action of July 10, 2006 Attorney Dockci No. 86147-14 



b) a second input for receiving a second signal including an echo component, the 
echo component being correlated to the iirst signal; 

c) a processing unit in communication with said first input and said second input, 
said processing xmit being operative for: 

i. processing said first signal to derive a harmonic feature of the voice 
component; and 

ii. deriving an echo reduced signal by processing said second signal to at 
least panly remove therefrom at least one frequency component related 
to at least in port on the basis of the harmonic feature of the voice 
component to r e mov e at l e a s t in part th e e cho compon e nt s uch as to 
d e riv e an e vho r e duced signal ; 

d) an output for releasing the echo reduced signal. 

IL (original) An apparatus as defined in claim 10, wherein the harnioiiic feature of the 
voice component is an estimate of the pitch associated lo ihe voice component. 

12. (original) An apparatus as defined in claim 1 1 , wherein said processing unit is adapted 
for applying a filtering operation to the second signal at least in pari on the basis of the 
estimate of the pitch associated to the voice component to derive the echo reduced 
signal. 



13. (original) An apparanis as defined in claim 11, wherein the voice component is a first 
voice component, said second signal including a second voice component, the second 
voice component being associated to a second speaker. 

14. (original) An apparatus as defined in claim 13, wherein said processing unit is adapted 
for: 

i. generating a set of filter coefficients at least in part on the basis of the estimate 
of the pitch associated to the first voice component; 
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ii. applying a liltering operation to the second signal on the basis of the set of 
filter coefficients generated in h to derive the echo reduced signal. 

15. (original) An apparatus as defined in claim 14, wherein said processing unit is adapted 
for: 

a) processing the first signal and the second signal to detect an occunrence of 
double talk; 

b) in response to detection of an occunrence of double talk, processing the 
estimate of the pilch associated to the first voice component to derive a number 
of fiher coefficients in said set of filter coefficients. 

16. (original) An apparatus as defined in claim 14, wherein said filtering operation is a 
finite-impulse response (FIR) filtering operation. 

17. (origina]) An apparatus as defined in claim 14, wherein said filtering operation is an 
asymmetric filtering operation. 

18. (original) An apparatus as defined in claim 14, wherein said fihering operation is 
adapted to filter a set of fi'equencies fi'om said second signal to derive the echo reduced 
signal, the set of frequencies mcluding frequencies which are integer multiples of the 
estimate of the pitch associated to the first voice component. 

19. (original) An apparatus as defined in claim 1 1 , wherein said processing unit comprises: 

a) a pitch detection unit operative for processing the furst signal to derive the 
estimate of a pilch associated to the voice component; 

b) ■ a filter adaptation module operative for generating a set of filter coefficients at 

least in part on the basis of the estimate of a pitch associated to the voice 
component; 

c) a filter unit operative for processing the second signal on the basis of the set of 
filter coefficients to derive the echo reduced signal* 
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20. (original) An apparatus as defined in claim 19, wherein said filter xinit is a finite 
impulse response (FIR) filter. 

21. (original) An apparatus as defined in claim 20, wherein said filter unit is an 
asymmetric filter. 

22. (currently amended) A computer readable medium including a program element 
suitable for execution by a computing apparatus for use in reducing echo in a 
communication system, said computing apparatus comprising: 

a) a memory unit; 

b) a processor operalively connected to said memory unit, said program element 
when executing on said processor being operative for: 

i. receiving a first signal including a voice component, the voice 
component being associated to a speaker; 

ii. receiving a second signal including an echo component, the echo 
component being correlated to the first signal; 

iii. processing said first signal to derive a harmonic feature of the voice 
component; 

iv. dcriviiifi an echo reduc ed signal bv processing said second signal toat 
least partly remove therefrom at least one frequency component related 
to at least in port on th g baoia of the harmonic feature of the voice 
component to romovo ax l e ast in part th e echo compon e nt iiuch as to 
dorivo an echo reduced oignal ; and 

V. releasing the echo reduced signal. 

23. (original) A computer readable medium as defined in claim 22, wherein the harmonic 
feature of the voice component is an estimate of the pitch associated to the voice 
component. 
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24. 

25. 
26. 



27. 
28. 

29. 
30. 



(original) A computer readable medium as defined in claim 23, said program element 
when executing on said processor being operative for applying a filtering operation to 
the second signal at least in part on the basis of the estimate of the pitch associated to 
the voice component to derive the echo reduced signal. 

(original) A computer readable medium as defined in claim 23, wherein the voice 
component is a first voice component, said second signal including a second voice 
component, the second voice component being associated to a second speaker. 

(original) A computer readable medium as defined in claim 25, said program element 
when executing on said processor being operative for: 

i. generating a set of filter coefficients at least in part on the basis of the estimate 
of the pilch associated to the first voice component; 

ii. applying a filtering operation to the second signal on tlie basis of the set of 
filter coefficients generated in i. to derive the echo reduced signal. 

(cancelled) 

(currently amended) A computer readable medium as defined in claim 27» said 
program element when executing on said processjor being responsive to detection of an 
occurrence of double talk for processing the estimate of the pitch associated to the first 
voice componenl to derive a number of tllter coefficients in said set of filter 
cocftlciencs. 

(original) A computer readable medium as defined in claim 26, wherein said filtering 
operation is a finite-impulse response (FIR) filtering operation. 

(original) A computer readable medium as defined in claim 29, wherein said filtering 
operation is an asymmetric filtering operation. 
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31. (original) A computer readable medium as defined in claim 26, wherein said filtering 
operaTion is adapted to filter a set of frequencies from said second signal to derive the 
echo reduced signal, the set of frequencies including fi^quencies which are integer 
multiples of (he estimate of die pitch associated to the first voice component. 

32. (original) A computer readable medium as defined in claim 23, wherein said program 
element when executing on said processor being operative for implementing: 

a) a pitch detection unit operative for processing the first signal to derive the 
estimate of a pitch associated to the voice component; 

b) a filter adaptation module operative for generating a set of filter coefficients ai 
least in part on the basis of the estimate of a pitch associated to the voice 
component; 

c) a filter unit operative for processing the second signal on the basis of the set of 
filter coefficients to derive the echo reduced signal. 

33. (withdrawn) A tilter adaptation apparatus suitable for generating a set of filter 
coefficients, said filler adaptation apparatus comprising: 

a) an input for receiving an estimate of a harmonic feature of a voice component 
in a signal; 

b) a processing unit operative for generating a set of filter coefficients at least in 
part on the basis of the harmonic feature of the voice component; 

c) an output for releasing the sex of filter coefficients for use by a filter unit. 

34. (withdrawn) A filter adaptation apparatus as defined in claim 33, wherein the harmonic 
feature of the voice component is an estimate of the pitch associated to the voice 
component. 

35. (withdrawn) A filter adaptation apparatus as defined in claim 34, wherein said set of 
filler coefficients forms a tmitc-impulsc response filter, 
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36. (vvithdrawn) A filter adaptation apparatus as defined in claim 35, wherein said set of 
filter coefficients provide a symmeiric impulse response filter. 

37. (withdrawn) A filter adaptation apparatus as defined in claim 34, wherein said 
processing unit operative for: 

a) generating a first set of filter coefficients at least in part on the basis of the 
estimate of a pitch associated to the voice component, the first set of filter 
coefficients providing a symmeiric impulse response filter; 

b) processing the first set of filter coefficients to generate a second set of filler 
coefficienis, the second set of filter coefficients providing an asymmetric 
impulse response filter. 

38. (wilhdrawT3) A filter adaptation apparatus as defined in claim 37, wherein the second 
set of filler coefficients is derived by shifting the first set of filter coefficient. 

39. (withdrawn) A filter adaptation apparatus as defined in claim 38, wherein the first set 
of filler coefficients includes N coefficients, the second set of filter coefficients being 
derived by shifting the first set of filter coefficients by N/2. 

40. (withdrawn) A filter adaptation apparams as defined in claim 34, wherein said input is 
a first input and said signal is a first signal, said filter adaptation apparatus further 
comprising: 

a) a second input for receiving a double talk indicator indicative of an occurrence 
of double talk in a second signal, the second signal including an echo 
component correlated with the first signal; 
' b) said processing unit being responsive to a double talk indicator indicative of an 
occurrence of double talk for generating the set of filter coefficients. 

41. (currently amended) An apparatus suitable for use in reducing echo in a 
communication system, said apparatus comprising: 
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a) means for receiving a first signal including a voice component, the voice 
component being associated to a speaker; 

b) means for receiving a second signal including an echo component, the echo 
component being correlated to the first signal; 

c) means for processing said first signal to derive a harmonic feature of the voice 
componem; 

d) means for deriving an echo reduced signal bv processing said second signal Jo 
at least p artly remove therefrom at least one frequency component related to ai 
looGt in part on tho bauis of the harmonic feature of the voice component to 
romovo at loQOt in part the ooho component such as to dorivo an echo r e duc e d 
signa l; 

e) means for releasing the echo reduced signal. 

42. (withdrawn) A filter adaptation apparatus suitable for generating a set of filter 
coeflBoients, said filter adaptation apparatus comprising: 

a) an itiput for receiving a harmonic feature of a time varying signal; 

b) a processing unit operative for generating a set of filter coefficients at least in 
part on the basis of the hannonic feature, said set of filter coefficients defining 
a finite-impulse response filter; 

c) an output for releasing the set of filter coefficients for use by a filter unit. 

43. (withdrawn) A filter adaptation apparatus as defined in claim 42, wherein said 
processing tmit operative for; 

a) generating a first set of filter coefficients at least in part on the basis of the 
estimate of the harmonic feature, the first set of filter coefficients providing a 
symmetric impulse response filter; 

b) processing the first set of filter coefficients to generate a second set of filter 
coefficients, the second set of filter coefficients providing an asymmetric 
impulse response filter. 
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45. 



46. 



47. 



48. 



49. 



50. 



(withdrawn) A filter adaptation apparatus as defined in claim 43, wherein the second 
set of fiher coefficients is derived by performing a circular shift of the first set of filter 
coefficient. 

(willldra^^^l) A filter adaptation apparatus as defined in claim 44, wherein the first set 
of filter coefficients includes N coefficients, the second set of filter coefficients being 
derived by shifting the first set of filter coefficients by N/2. 

(withdrawn) A filter adaptation apparatus as dclined in claim 42, wherein said finite- 
impulse response filter is characterized by a length said finite-impulse response 
filter having a delay that is less than N/2 for certain fi^quencies bands. 

(withdrawn) A filter adaptation apparatus as defined in claim 42, wherein said finite- 
impulse response filter is characterized by no delay for certain frequencies bands. 

(withdrav^Ti) A filter adaptation apparatus as defined in claim 42^ wherein said time 
varying signal is a voice signal and said harmonic feature is indicative of an estimate 
of the pitch associated with the voice signal. 

(new) A method as defined in claim 1, wherein the at least one frequency component 
comprises a plurality of frequency components related to the harmonic feature of the 
voice component. 

(new) A method as defined in claim 2, wherein the at least one frequency component 
comprises a plurality of frequency componems related Co the estimate of the pitch 
associated to the voice component. 

(new) A method as defined in claim 50, wherein the plurality of frequency components 
comprises a frequency component corresponding to the estimate of the pitch associated 
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to the voice component; and at least one frequency component corresponding to at 
least one hamionic of the estimate of the pitch associated to the voice component. 

52. (new) An apparatus as defined in claim 10, wherein the at least one frequency 
component comprises a plurality of frequency components related to the harmonic 
feature of the voice component. 

53. (new) An apparatus as defined in claim 11, wherein the at least one frequency 
component comprises a plurality of frequency components related to the estimate of 
the pitch associated to the voice component. 

54. (new) An apparatus as detined in claim 53, wherein the plurality of frequency 
components comprises a frequency component corresponding to the estimate of the 
pilch associated to the voice component; and at least one frequency component 
corresponding to at leasl one harmonic of the estimate of the pitch associated to the 
voice component. 

55. (new) A computer readable medium as defined in claim 22, wherein the at least one 
frequency component comprises a plurality of frequency components related to the 
harmonic feature of the voice component. 

56. (new) A computer readable medium as defined in claim 23, wherein the at least one 
frequency component comprises a plurality of frequency components related to the 
estimate of the pitch associated to the voice component, 

57. (new) A computer readable medium as defmed in claim 56, wherein the plurality of 
frequency components comprises a frequency component corresponding lo Ihe 
estimate of the pitch cissociated 10 the voice component; and at least one frequency 
component corresponding to at least one harmonic of the estimate of the pilch 
associated to the voice component. 
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(new) An apparatus as defined in claim 41, wherein the at least one frequency 
component comprises a plurality of frequency components related to the harmonic 
feature of the voice component. 
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